This paper presents the timbre model, a signal model which has been built to better understand the relationship between the perception of timbre and the musical sounds most commonly associated with timbre. In addition, an extension to the timbre model incorporating expressions is introduced. The presented work therefore has relation to a large field of science, including auditory perception, signal processing, physical models and the acoustics of musical instruments, music expression, and other computer music research. The timbre model is based on a sinusoidal model, and it consists of a spectral envelope, frequencies, a temporal envelope and different irregularity parameters. The paper is divided into four parts: an overview of the research done on the perception of timbre, an overview of the signal processing aspects dealing with sinusoidal modeling, the timbre model, and an introduction of some expressive extensions to the timbre model.
Introduction
The sound of the musical instrument can be qualified by the timbre (or the identity) of the sound and the expressions caused by gestures. Expressions associated with musical instruments are well defined by common musical terms, such as note, intensity, tempo or style. Timbre seems to be a multidimensional quality. Generally, timbre is separated from the expression attributes pitch, intensity, and length of a sound. Furthermore, research has shown that timbre consists of the spectral envelope, an amplitude envelope function, which can be attack, decay, etc., the irregularity of the amplitude of the partials, and noise. The additive parameters constitute a good analysis/synthesis model of voiced sounds, but it has a very large parameter set, which is not always easily manipulated. This paper presents an approach to modeling the additive parameters in an easily controllable, intuitive model, whose parameters are closely related to the timbre dimensions as proposed in timbre research The timbre model models each partial in a few pertinent parameters: the spectral envelope, the mean frequencies, the amplitude envelope, and the noise, or irregularity parameters. Furthermore, the rate and extend of the vibrato and tremolo are modeled. The timbre model has a fixed parameter size, dependent only on the number of partials, and most of the parameters of the model have an intuitive perceptive quality, due to their relation with timbre perception. Furthermore, by interpolating between parameter sets obtained from different sounds, morphing is easily implemented. The timbre model can be used to resynthesize the sound, with some or all of the parameters of the model. In this way, the validity and importance of each parameter of the model can be verified. This paper starts with an overview of the perceptual research, which forms the basis for the model, then an overview of the additive analysis is given, and the timbre model is detailed. Next a novel set of expression additions to the timbre model is presented, other applications to the model are outlined and a conclusion is given.
Perceptual Research
The timbre model is derived from conclusions extracted from the auditory perception research. Several methodologies have been used in this research, and even though the results are given in many formats, the conclusions are generally the same. The research suffers from a lack of comparable sound material, and in particular, the lack of noisy, nonharmonic or percussive sounds in the experiments. In addition, different pitches are generally not used. This is an overview of the research on which the timbre model is based. For a larger overview of timbre research, see for instance [38] , [65] . In a larger scope, [7] presents some aspects of timbre used in composition. Timbre research is of course related to auditory perception [102] and psychoacoustics [105] research. An initial study of the Just Noticeable Difference (JND) of many of the timbre attributes presented here can be found in [48] . The mpeg community, which defined the popular mp3 compression standard, are currently defining mpeg 7 [62] , which defines the content of sound and music. The outcome of this standardization process may be very useful in finding common terms for objectively describing music and music sounds. It differentiates between noise and harmonic sounds, substituting spectrum measures in the first case with harmonic measures in the second case.
Timbre Definition
Timbre is defined in ASA [2] as that quality which distinguishes two sounds with the same pitch, loudness and duration. This definition defines what timbre is not, not what timbre is. Timbre is generally assumed to be multidimensional, where some of the dimensions has to do with the spectral envelope, the amplitude envelope, etc. The difficulty of timbre identity research is often increased by the fact that many timbre parameters are more similar for different instrument sounds with the same pitch, than for sounds from the same instrument with different pitch. For instance, many timbre parameters of a high pitched piano sound are closer to the parameters of a high-pitched flute sound than to a low-pitched piano sound. Nevertheless, human perception or cognition generally identifies the instrument correctly. Unfortunately, not much research has dealt with timbre perception for different pitches. Greg Sandell has made a list [84] of different peoples definition of the word timbre.
Verbal Attributes
Timbre is best defined in the human community outside the scientific sphere by its verbal attributes (historically, up to and including today, by the name of the instrument that has produced the sound). von Bismarck [98] had subjects rate speech, musical sounds and artificial sounds on 30 verbal attributes. He then did a multidimensional scaling on the result, and found 4 axes, the first associated with the verbal attribute pair dull-sharp, the second compactscattered, the third full-empty and the fourth colorfulcolorless. The dull-sharp axis was further found to be determined by the frequency position of the overall energy concentration of the spectrum. The compactscattered axis was determined by the tone/noise character of the sound. The other two axes were not attributed to any specific quality.
Dissimilarity Tests
The dissimilarity test is a common method of finding proximity in the timbre of different musical instruments. Asking subjects to judge the dissimilarity of a number of sounds and analyzing the results is the essence of the dissimilarity tests. A multidimensional scaling is used on the dissimilarity scores, and the resulting dimensions are analyzed to find the relevant timbre quality. Grey [33] found the most important timbre dimension to be the spectral envelope. Furthermore, the attack-decay behavior and synchronicity were found important, as were the spectral fluctuation in time and the presence or not of high frequency energy preceding the attack. Iverson & Krumhansl [44] tried to isolate the effect of the attack from the steady state effect. The surprising conclusion was that the attack contained all the important features, such as the spectral envelope, but also that the same characteristics were present in the steady state. The resulting timbre space was similar no matter if the full tones, the attack only or the remainders only were examined. Later studies Krimphoff et al. [54] refined the analysis, and found the most important timbre dimensions to be brightness, attack time, and the spectral fine structure. Grey & Gordon [35] , Iverson & Krumhansl [44] and Krimphoff et al. [54] compared the subject ratings with calculated attributes from the spectrum. Grey & Gordon [35] found that the centroid of the bark [89] domain spectral envelope correlated with the first axis of the analysis. Iverson & Krumhansl [44] also found that the centroid of the spectral envelope, here calculated in the linear frequency domain (brightness), correlated with the first dimension. Krimphoff et al. [54] also found the brightness to correlate well with the most important dimension of the timbre. In addition, they found the log of the rise time (attack time) to correlate with the second dimension of the timbre, and the irregularity of the spectral envelope to correlate with the third dimension of the timbre. McAdams et al. [65] further refined this hypothesis, substituting spectral irregularity with spectral flux. The dissimilarity tests performed so far do not indicate any noise perception. Grey [33] introduced the high frequency noise preceding the attack as an important attribute, but it was later discarded in Iverson & Krumhansl [44] . The lack of indications of noise discrimination might be explained by the fact that no noisy sounds were included in the test sounds. McAdams et al. [65] promises a study with a larger variety of test sounds, including noisy sounds. It can also be explained by the fact that the most common analysis methods doesn't permit the analysis of noise, which then cannot be correlated with the ratings.
Auditory Stream Segregation
An interesting way of examining the qualities of timbre that can be related to its perception is the auditory stream segregation [12] . The auditory stream segregation is referring to the tendency to group together (i.e. relate them to the same source) sounds with components falling in similar frequency ranges. This phenomenon is called fusion or coherence. The opposite phenomenon when the sounds are separated into several groups, as coming from different sound sources, is called fission or segregation. For intermediate frequency separations between successive tones in a rapid sequence the percept may be ambiguous. Experimenters have taken advantage of auditory stream segregation to identify timbre qualities related to timbre perception. Using a three tone repeated sequence, by means of adjusting spectral characteristics of the middle tone they tried to investigate how the fusion/fission boundary is affected in relation to the value it assumes for the monotimbral (no change in the timbre of the middle tone) case. Singh and Bregman [91] presented monotimbral and bitimbral sequences of complex sounds to listeners where for the bitimbral case there were changes in the attack time and the number of harmonics in the middle sound. The results indicate that the effect of the change was highly significant for both the fission and the fusion boundary fundamental frequency value. The boundaries assumed lower values than for the monotimbral case in all changes and the order of the impact on the results was higher for changes in the number of partials than for the envelope changes. This method seems promising when searching for an absolute value for timbre changes, since any timbre change provoking fusion/fission can be related to the corresponding pitch change when there is no timbre change.
Discrimination
Several studies asked subjects the rate the differences between original (unmodified) sounds and modified sounds, in order to evaluate the perceptual importance of the modification. One recent such study is McAdams et al. [64] , in which the additive parameters of seven sounds are modified in different ways, and the importance of the modifications are asserted. The sounds, clarinet, flute, oboe, trumpet, violin, harpchichord and marimbe were normalized to E4-flat (311.1 Hz), 2 secs and equal subjective loudness. The participants were asked to discriminate between the original (the normalized E4-flat, 2secs) and modified sounds, and some of the results of this research are: The effect of musical training is weak but the effect of instrument is strong. Therefore each instrument is analyzed individually whereas the participants are grouped. The most important results from the effect of simplification are that most simplifications are perceptible and that accumulated simplifications are equivalent to the most potent constituent (Most salient feature dominate in combined simplifications). The order of the simplifications are: spectral envelope smoothing, spectral flux (amplitude envelope coherence) (very good discrimination), forced harmonic frequency variations, frequency variations smoothings, frequency micro-variations and amplitude micro-variations (moderate to poor discriminations).
In conclusion, several research methods have been used to determine the dimensions of timbre. Although no clear consensus has emerged, the most common dimensions seem to be spectral envelope, temporal envelope and irregularities.
Additive Analysis/Synthesis
The additive model has been chosen as the basis for the timbre model for the known analysis/synthesis qualities and the perceptually meaningful parameters of this model. Many analysis/synthesis systems using the additive model exist today, including sndan [8] , SMS [90] , the loris program [25] and the additive program [81] .
Choice of model
In order to perform analysis by synthesis, the timbre model must be based on an analysis/synthesis model. The choice of underlying model is the additive (sinusoidal) model, for its well-understood parameters (time, amplitude and frequency) and for its proven analysis methods. Other methods investigated include the physical model [45] , the granular synthesis [96] , the wavelet analysis/synthesis [55] , the atomic decomposition [14] , [36] and the modal distribution analysis [72] . In the additive analysis, [90] added a stochastic part to the sound, making the model non-homogenous. Other non-homogenous additions include the transients [97] .
Additive Model
The additive analysis consists in associating a number of sinusoidal with a sound, and estimating the time-varying amplitudes (ak(t)) and frequencies (fk(t)) of the N sinusoidals (partials) from the sound. The sound can then be resynthesized, with a high degree of realism, by summing the sinusoidals,
In order to have a good resynthesis quality, the absolute phases are generally necessary [3] .
Additive Analysis
Several methods exist for determining the timevarying amplitudes and frequencies of the partials. Already in the last century, musical instrument tones were divided into their Fourier series [40] , [73] . Early techniques for the time-varying analysis of the additive parameters are presented by Matthews et al. [63] and Freedman [28] . Other more recent techniques for the additive analysis of musical signals are the proven heterodyne filtering [34] , the much-used FFTbased analysis [66] , and the linear time/frequency analysis [37] . The time and frequency reassignment method [4] has recently gained popularity [11] , [23] . Ding and Qian [19] has presented an interesting method, fitting a waveform by minimizing the energy of the residual, improved and dubbed adaptive analysis by Röbel [78] . A great deal of research has been put into understanding and improving [99] , [17] the windows [39] of the short term fourier transfer [1] . Finally, Marchand [59] used signal derivatives to estimate the amplitudes and frequencies. [74] . [52] found the linear time-frequency additive analysis/synthesis to have a sound quality between imperceptible and perceptibel, but not annoying using short musical sounds. [13] found comparable results using several additive analysis systems and longer musical sequences. In addition [3] found that including the phase gave significantly better results.
Analysis/synthesis evaluation
Other evaluation methods include estimating the time resolution, [52] found that the LTF analysis method [37] has a time resolution that is twice as good as the FFT-based analysis, and error estimations. [11] found the mean error in the amplitude and frequency estimation to be significantly better for the frequency reassignment method, than the peak interpolation, or phase difference methods.
In this work, the FFT-based analysis is used. The additive parameters are saved for each half-period of the fundamental, and only quasi-harmonic partials are estimated. The window used is the kaiser window, and the block size is 2.8 periods of the fundamental.
The Timbre Model
The timbre model is inspired by the perceptual research, but it has been derived from the analysis of musical sounds using the analysis by synthesis method [77] and by literature studies into related research. By these methods, the model has been defined to consist of a spectral envelope, associated with brightness and resonances of the sounds, a frequency envelope, associated with pitch and inharmoncity. It also consists of an amplitude envelope consisting of five segments, start, attack, sustain, release and end, each with individual start and end relative amplitude and time, and curve form, and the amplitude and frequency irregularity (shimmer and jitter). The shimmer and jitter are modeled as a low-pass filtered gaussian with a given standard deviation and bandwidth. The amplitude envelope is associated with important timbre attributes, such as attack time, and sustained/percussive quality, and the irregularity is associated with both additive noise, but also slow irregularities, giving life to the sounds. Other methods of modeling the additive parameters include the Group Additive Synthesis [53] , [22] , [15] , where similar partials are grouped together to improve efficiency. [95] use envelope time points to morph between different musical sounds. Marchand has proposed the Structured Additive Synthesis [58] . Schaeffer proposes a classification of attack genres (among others things) in his monumental work [86] . The base of the timbre model is the additive parameters, the amplitude of which is controlled by the spectral envelope, amplitude envelope and shimmer parameters, and the frequency of which is controlled by the mean frequency and the jitter parameters. The timbre model diagram can be seen in figure 1 . It consists of a number of sinusoidals (partials), whose amplitude is the sum of a clean envelope (attacksustain/decay-release) and irregularity (shimmer) multiplied with the spectral envelope value, and whose frequency is the sum of a static value and irregularity (jitter). The timbre model parameters are (from right to left): Max amplitudes, envelope model times, amplitudes and curve form coefficients, mean frequencies, irregularity correlation, standard deviation and bandwidth. 
The Spectral Envelope
The spectral envelope is very important for the perceived effect of the sound; indeed, the spectral envelope alone is often enough to distinguish or recognize a sound. This is especially true for the recognition of vowels, which are entirely defined by the spectral envelope. As was seen earlier, the spectral envelope is indeed one of the most important timbre dimensions. Nevertheless, the spectral envelope alone is not enough to recreate any sound with realism.
Many methods exist to model the spectral envelope, including the linear predictive coding (lpc), cepstrum, etc. [88] . Back in 1966 [94] synthesized wind instruments with a combination of spectral and temporal envelopes. [80] use spectral envelopes as a filter with different source models, including the additive model. [70] introduced the discrete summation formulas in sound synthesis, which are here called the brightness creation function [52] . There exists an easy calculation and recreation of brightness with these formulas [52] . The spectral envelope is defined in this work as the maximum amplitude of each partial, denoted âk. As it is difficult to estimate the spectral envelope outside the discrete frequency points in voiced sounds, the spectral envelope model using the partial amplitudes is judged the most reliable.
Frequencies
The static frequencies are modeled as the weighted mean of the frequency for the sustain part of each partial, denoted ˆ f k . Most sustained instruments are supposed to be perfectly harmonic, i.e. ˆ f k = kˆ f 0 . The frequencies are therefore best visualized divided by the harmonic partial index. The piano, in contrast, has inharmonic partial frequencies due to the stiffness of the strings [26] . Therefore, the piano partial frequencies are slightly higher than the harmonic frequencies.
Amplitude Envelopes
The envelope of each partial is modeled in five segments, start and end segments, supposedly silent, and attack, sustain and release segments. Thus, there are 6 amplitude/time split points, where the first is (0,0) and the last amplitude also is zero, since all partials are supposed to start and end in silence. The amplitudes are saved as a percentage of the maximum of the amplitude (the spectral envelope), and the times are saved in msec. Furthermore, the curve form of each segment is modeled by a curve, which has an appropriate exponential or logarithmic form. The resulting concatenated clean amplitude envelopes are denoted ˜ a k (t ) . The formula for one segment can be seen in equation (13) . The envelope split-points and curve form coefficients are found by a method inspired by the scale-space community in image processing [56] , in which the split-points are found on the very smoothed timederivative envelopes, and then followed gradually to the unsmoothed case. The smoothing is performed by convoluting the envelope with a gaussian,
The derivative of the amplitude has been shown to be important in the perception of the attack [32] . The middle of the attack and release are now found by finding the maximum and minimum of the time derivative of the smoothed envelope,
The start and end of the attack and release are found by following L t, forwards and backwards (in time) until it is close to zero (about one tenth of the maximum derivative for the attack and end of release, and the double for the start of release). This method generally succeeds in finding the proper release time for the decay-release piano sound. A further development of the envelope analysis and model can be found in [52] , [47] .
Irregularities
Although the clean recreated envelopes have the general shape of the original envelope, there is a great deal of irregularity left, which is not modeled in the clean envelopes. The same holds true for the frequencies. The irregularities are divided into periodicity and non-periodic noises. The noise on the amplitude envelope is called shimmer, and the noise on the frequency is called jitter. Shimmer and jitter are modeled for the attack, sustain and release segments. It is supposed to have a Gaussian distribution; the amplitude of the noise is then characterized by the standard deviation. The frequency magnitude of the noise is assumed low-pass and modeled with the 3dB bandwidth, and the correlation between the shimmer and jitter of each partial and the fundamental is also modeled. Other noise models of musical sounds include the residual noise in the FFT [90] , [69] and the random point process model of music [76] or speech noise [75] . Models of noise on sinusoidals include the narrow band basis functions (NBBF) in speech models [61] . In music analysis, [24] introduced the bandwidth enhanced sinusoidal modeling. Both models model only jitter, not shimmer. Other analysis of the noise, and irregularity of the music sounds include the analysis of aperiodicity [67] , [87] , and the analysis of higher order statistics [20] , [21] . The shimmer and jitter are calculated normalized with the clean amplitudes and the mean frequencies respectively,
The jitter and shimmer is then assumed to be stochastic, with a gaussian distribution, and modeled by its standard deviation and bandwidth (and later recreated using a single-tap recursive filter).
Vibrato and Tremolo
Although assumed to be part of the expression of the sound, and therefore not necessary in the timbre model, some periodicity is nevertheless often found in the time-varying amplitudes and frequencies of the partials. This periodicity is modeled by its rate, strength, and phase. The frequency periodicity is here called vibrato, and the amplitude periodicity is called tremolo. There are individual vibrato and tremolo parameters for each partial. The vibrato and tremolo parameters are found by searching for the max in the absolute value of the FFT of the time-varying frequency (subtracted by the mean frequency of each partial) or amplitude (subtracted by the clean amplitude curve). This provides an estimate of the strength, rate and phase of the periodic information in the signal, if there is any.
[41] uses a comparable method for the vibrato estimation.
Figure 2. Total amplitude envelope for one partial The five segments (start, attack, sustain, release and end) have individual split-points and curve-forms. The attack has high bandwidth shimmer, and the release has low bandwidth shimmer.
With the addition of irregularities, the timbre model is finished. An example of the resulting amplitude envelope for one partial can be seen in figure 3 . The envelope is slightly decaying, and it has high bandwidth shimmer at the attack, and low bandwidth shimmer at the release.
Visualization
The timbre model parameters have now been presented, and an overview of the parameter estimation methods has been given. A more throughout presentation of the timbre model is given in [52] . This section presents a proposed visualization of the timbre attributes. Many of them are best plotted logarithmically, and all the attributes are plotted with fixed axes, to facilitate comparisons between sounds. There are 12 different timbre attributes, some of which have values for more than one segment (attack, decay, sustain, release or end). In order to have an easy overview, all the timbre attributes are collected in one plot. All the start and end (which are assumed to be silent) parameters are omitted. In total, there are 12 attributes, which can be plotted in one figure in 6 rows and 2 columns. The left column has from the top to the bottom the spectral envelope, the normalized frequencies divided by the partial index and fundamental, and envelope timing (attack and release), the envelope percents, the envelope curve forms, and the vibrato and tremolo rate. The right column has from the top to the bottom the shimmer standard deviation, the jitter standard deviation, the shimmer filter bandwidth, the jitter filter bandwidth, the shimmer and jitter correlation and the tremolo/vibrato strength.
Expressive Additions to the Timbre Model
The timbre model has proven its value in a number of applications, including the analysis of different expression styles [52] . This analysis will here serve as the basis for the inclusion of a number of parameters, which govern the behavior of the timbre model attributes when used in a synthesis context. The expressions are treated in an analysis/synthesis context, and adapted for real-time synthesis [60] , where possible. The expressive modes introduced to the timbre model include variants, pitch, intensity, vibrato and tremolo, and other expressions, such as legato/staccato. The attempt to find expressive parameters that can be included in the timbre model is an initial study. Both additional literature studies and field test using the timbre engine [60] must be performed in order to assert the validity of the expression model. Of course, the music performance studies [31] gives a lot of information, which can also be gathered from research dealing with the acoustics [5] , [9] or the physics [27] of musical instruments. In addition, appropriate gestures must be associated with the expression parameters [51] , [100] , [101] [43] . The vibrato problem [18] is an interesting topic, stating, for instance, whether to add cycles (vibrato) or stretch (glissando) a time-scaled continuous expression parameter. This is not a problem in the timbre model, because of the division into clean envelopes, where only the sustain part is scaled, and periodic and nonperiodic irregularities, which are not scaled.
Variants
In this work, the sound of a musical instrument is divided into an identity part, and an expression part, where the identity is the neutral sound, or what is common in all the expression styles of the instrument, and the expression is the change/additions to the identity part introduced by the performer. The expression can be seen as the acoustic outcome of the gesture manipulation of the musical instrument. This division, however, it not simple in an analysis/synthesis situation, since the sound must be played to exist, and it thereby, by definition, always contains an expression part. One attempt at finding the identity is by introducing the notion of variants, which is assumed to be the equivalent of the sounds coming from several executions of the same expressive style. The variants are calculated by introduced an ideal curve to the different timbre attributes. The deviation from this ideal curve is then assumed to be stochastic, with a given distribution, and for each new execution, a new instance of the deviation is created, giving the sound a clearly altered timbre. Some of the timbre attributes have ideal curves corresponding to some perceptual or physical reality, such as the brightness creation function [52] for the spectral envelope,
where ak is the amplitude of the partial k, a0 is the fundamental amplitude, and B is the estimated brightness [6] , see equation (9), and the equation for the ideal stiff string for the frequencies [26] ,
where β is the inharmonicity coefficient. Studies of the discrimination of inharmonicity can be found in, for instance, [46] and [79] . Most timbre attributes, however, are fitted with a simple exponential curve,
where v0 is the fundamental value and v1 is the exponential coefficient. This curve can model both almost linear curves with small v1, but also exponential behaviors. The parameters of the curves are found by minimizing the lms error using the Levenberg- Marquardt algorithm [71] , except for the spectral envelope curve, which is created from the estimated brightness [6] ,
The deviations from the ideal timbre attributes parameters are now calculated as,
where ck are the estimated timbre attribute parameters (amplitude, frequency, or other parameter), and ˆ c k are the ideal parameters and dk is the deviation (assumed to be white gaussian noise). The deviation dk between the clean exponential curve and the estimated attributes is assumed to be related to the execution of the sound, and the error can, if modeled properly, introduce new executions of the same sound, i.e. of the same instrument, player and style, in the same environment. Although the clean curves generally fit well with the estimated parameters, there can be discrepancies caused by bad parameter estimation, correlated deviations between attributes, or inadequate modeling. These discrepancies generally do not make artifacts in the original timbre attribute generated sounds, but they sometimes make the variant sounds too different. One way of minimizing this phenomenon is by using weighted curve-fits, which does remove some of the discrepancies. However, since the heavily different variants may be desired, the variants influence is scaled,
where a variant scaling (v) of zero gives the original timbre attributes, and a scaling of one gives entirely new timbre attribute deviations (ˆ d k ) for each execution. The total deviations can additionally be weighted [60] , permitting more, or less, deviations from the identity of the sound.
Pitch
The modeling of the pitch evolution of the timbre attributes is important when executions for different notes are not available. This is the case, for instance, when creating new, or altered, timbre model parameters sets. Obviously, it's impossible to make pitch rules that encompasses all possible musical instruments, so instead, a simple interpolation scheme has been devised, which assures the proper modification of at least the important spectral envelope. In this scheme, all the timbre attributes are assumed to have the partial frequencies in the x axis, and the timbre attributes for the new pitch is found by interpolating between the neighboring values for each partial frequency. The values outside the original frequencies are found by using the extreme values. Although this scheme is rather simple, it has the double advantage of handling the most important timbre attribute correctly, and assuring continuous variations in the resulting sound, as the pitch is altered. In addition, the new timbre attribute values should be interpolated after each pitch change, thereby allowing for subtle effects, caused by for instance resonances. When adding vibrato, the sound would have a continuously varying timbre, thereby adding more life to the execution. The scheme does not handle sound level, however. In the work on generative rules for music performance, [29] suggest a rule, which raises the sound level 3 dB/octave. An initial study have shown that this effect is present in many musical instruments, although ranging from below 3 (violin) to around 3 (piano, clarinet) to 10 (flute), and 15 dB/octave (soprano). This effect is therefore parameterized (N dB/octave) and included into the expressive model.
Intensity
The intensity, or velocity, is another important expression attribute. In general, when increasing the velocity, blowing force, or bow velocity, etc., two things happen, the sound emitted gets louder, and it gets brighter. [10] showed that the increase in amplitude and brightness is asymptotic, i.e. the value changes less as velocity grows. In addition, it was shown that the change of brightness in the piano when changing the velocity of the hammer is governed by a straight line in the Hz/dB domain. Therefore, this is the model chosen for the intensity. The amplitude and spectral tilts (slope of the straight line) have an exponential form,
where val can be either amplitude or spectral tilt [10] , and vM and vm defines the maximum and minimum values, the sensibility and v is the velocity. The values of vM, vm and can be determined from the instrument, if enough velocity executions are available [10] , or it can be user defined. In particular, the upper spectral tilt slope is a useful expression parameter, since it defines how bright the sound becomes, when increasing the velocity to a maximum. This model is also consistent with the analysis of piano executions performed in [52] , which showed that the change of velocity (of the piano hammer) only affected the spectral envelope, except for an as yet unexplained change in the shimmer and jitter correlations.
Duration
The duration is of course also a very important expression parameter. Since the timbre model encompasses both percussive and sustained sounds, a general strategy for modifying the length of the sound is necessary. This strategy could be found by following the clean curve of the sustain/decay part of each partial, with the given curve form,
where c is the curve form coefficient, T is the segment duration, and a0 and aT are the start and end values. Unfortunately, the curve form is sometimes fitted to part of the release segment, or sometimes only part of the sustain/decay segment is used, therefore the curve form is error prone. Instead, the decay is assumed to be logarithmic, and modeled as a straight line in the dB domain,
where â0 and b are found by fitting to the known split-point amplitude/time values. If the execution is lasting (played a long time), and the second splitpoint has a higher amplitude than the first one (b>0), then clipping will eventually occur. The perceptual effect of this has been judged to be interesting enough to not prevent this happening. Instead, the amplitude of each partial is limited to a value at a user-defined percentage above the maximum value of the partial. Obviously, if this limit is set to 100%, then no crescendo effect is possible. [29] tentatively suggests a modification to the attack and decay in durational contrasts. This is an interesting inclusion, but this effect has not been found [47] in relation to this work (these durational contrasts were not part of the sound material under test), and it is not included in the model.
Vibrato and Tremolo
The vibrato and tremolo are important expression parameters with specific values defined by the musical context in which the execution is produced. Therefore, a generative rule for the addition of vibrato and tremolo is not desirable in this work. Some vibrato or tremolo effects are, however, part of the identity of the sound, and these effects should not be user-controlled, but inherent in the sound. In particular, this is the case for the amplitude modulation caused by the beating of different modes or strings in, for instance, the piano [103] . The vibrato and tremolo are generally defined by three parameters, the rate (speed), the strength and the initial delay. [31] reviews several vibrato studies, and reports the vibrato rate of professional singers to be between 5.5 to 8 Hz, with a strength between onetenth of a full tone to one full tone, averaging 0.5 to 0.6 of a whole-tone step.
[82] models the vibrato with the sum of a number of sinusoidals with time-varying amplitudes and phases. The phase of the vibrato/tremolo is necessary, if the resulting sound should be perceptually identical to the original one. Care must be taken to model the resonances correctly when adding vibrato [68] . In addition, the perceived pitch of tones with vibrato is also an important research field [16] . In order to assert whether a sound contains a vibrato or tremolo expression, or whether it contains periodic vibrations in its identity, two things can be examined. First, if the partials are heavily correlated, secondly, if the rate and strength values are correlated, then the chances of it containing expressive vibrato/tremolo is great. If neither of the two cases occur, periodicity is assumed to be part of the identity of the sound, and not controlled by the performer. If expression periodicity is found, it is removed from the sound, and only added back, if and when the performer is signifying it.
Other expressions
The expressions can be any kind of acoustic change resulting from manipulation of the music instrument. The other expression parameters used in classical music include mainly styles (legato/staccato, for instance) and tempi. Since some of these expressions are controlled continuously by the performer, they are not easily integrated into the timbre model. In particular, no good gesture capture device has been available to perform tests. In addition, not much timbre attribute changes have been found when analyzing executions of different styles [52] . Therefore, the conclusion must be that the styles are mainly a matter of duration, which is easily controlled in this model. Another important expression is the transition [93] . Since the transition is the time-varying amplitude, fundamental frequency, and timbre, it should not be too difficult to create timbre attribute sets with appropriate values for different transition. Finally, another possible expression is the generic timbre navigation [104] , [83] . In this case, the timbre is manipulated using sensors and various mapping strategies [51] , [101] .
Other Applications
The timbre model has been successfully used in many applications, in particular in classification and sound manipulation, including morphing.
Classification
Classification is an important topic today, for instance with the growing number of on-line sound samples.
The timbre model was used as the basis for sound classification [52] , in which a subset of the timbre attributes (16 attributes from each sound) was used to classify 150 sounds in 5 instrument classes with no errors. Binary tree classification, using approximately the same data set, was presented in [49] , giving much information about the importance of the timbre attributes in the classification. A real-time learning classification scheme was presented in [30] . For a recent overview of musical instrument classification methods, see [42] .
Sound manipulation
Morphing and sound manipulation is another application in which the timbre model has shown its value. Since the timbre model parameter set has a fixed size (except for the number of partials), it is easy to morph between the sounds by simply interpolating different timbre sets. The interpolated timbre model parameters can also be used to manipulate the additive parameters [52] . A similar strategy, but with an unequal number of features was presented in [95] . [83] interpolates the additive parameters directly, and [88] uses the spectral envelope to modify sounds. Other morphing strategies include the Karaoke impersonator [57] . [92] uses results from auditory scene analysis to warp and interpolate between two sounds. Finally, a simplified timbre model [52] was presented in [50] for use in prototyping of musical sounds.
Conclusion
The paper gives an overview of the perceptual research and analysis/synthesis of the additive parameters. It presents the timbre model, a signal model, which models most musical sounds with a high fidelity. The timbre model is based on perceptual research and analysis by synthesis. It consists of a spectral envelope, frequencies, a five-segment amplitude envelope model with individual split-point times, values and curve form, and amplitude and frequency irregularities. The models parameters are perceptually relevant, and the model has previously been shown to have a high sound quality. An important addition to the model, introduced in this paper, is the expression model, which enhances the use of the model in a musical context. The expression model models the behavior of the timbre attributes, when playing a different note, intensity, duration, or other style. It also introduces the vibrato and tremolo into the model. A major contribution is the notion of variants, in which the timbre is divided into an identity part, and an expression part. The variant is then a stochastic model of the deviation from the identity part of the sound, with a new instance at each new execution. Therefore, an interesting novelty is added to each new sound emitted, even if it's played with the same pitch, loudness and duration.
